constraints of thc problem lends to a significantly different solutinn This paper presents a distortion optimized streaming algorithm for on-demand streaming o f multimedia. Civcn the pre-cncded packets of a mdtimcdia stream. wc propose an algorithm for selecting an appropriate subset of these packets such that the overall client distortion i s minimized. This minimization i s performed within the rate constraints imposed by the communication channel. In the intcxst of computation i t i s desirable to limit thc horizon (i.e. thc look-ahcad) over which the optimization i s perlolmcd. Inevitahly, shortcning the horizon leads to sub-optimal results. Wc alleviate the impact due to this through the introduction o f a buffering constraint that stipulates a minimum desired huffcr occupancy at all time during the streaming session. We pose this problem as a Lagrangian minimization ~ the solution to which i s obtained through an iterative descent algorithm. We demonstrate the efficacy of the proposed approach through empirical evaluation.
INTRODUCTION
The current day Internet, while being well-suited to delay-tolerant applications such as file-transfer and e-mail, poses numerous challenges to delay-sensitive applications such as multimedia streaming. Packets injected into the network are liable to be dropped, lost or delayed en-route to their destination. Multimedia delivery systems [Z, 3, 41 attempt to address these issues within the stringent delay constraints associated with the packets o f a multimedia stream, taking into account the dependencies between the packcts of the presentation and the variations in the source coding rate.
However, i f multimedia i s streamed i n conjunction with a reliable transport protocol, such as TCP. packets that are lost, dropped or delayed are re-transmitted within a few round-trip-times (RTT) o f the link between the server and the client. Thus, for streaming applications that can tolerate a delay of a few hundred milliseconds the aforementioned issues can be efficiently circumvented. Reliable transport protocols induce another problem. The congestion controllavoidance mechanism used by these protocols to thwart (and encourage) the communication of packets indeed leads to fluctuations in the available streaming rate. Thus, unlike the rate-distortion optimized streaming strategies developed for streaming over lossprone, delay-agnostic packet networks [Z, 3, 41, lntemet streaming over TCP requires a mechanism that i s able to adapt to the fluctuations in the available bandwidth.
Perhaps the work o f [Z] comes closest to that proposed herein.
We espouse their abstraction o f the multimedia encoding process and the iterative descent approach to the minimization o f a Lagrangian cost function. The key differences include the problem under consideration and its formulation. While Chou and Miao [Z] address the minimization of the expected distortion under an aggregate rate constraint for multimedia streaming over loss pmne networks, the proposed approach addresses the minimization of the expected distortion under an instantaneous rate-constraint for communication over a variable bit-rare, reliable channel. AS we shall see, altering the This work has been panly supported by the Swiss National Science Foundation.
strategy.
The minimization o f the expected distortinn X ( D ) is achieved through a Irmsmission policy K that selects the packets to be transmitted. We wish to minimize E ( D ) respccting the available channel bandwidth. which, as alluded to earlicr fluctuates with time. Owing to the dcpendencies bctwcen the packets o f the presentation, the selection of the packets requires a joint optimization over all the packets olthc prcscotation. This, ofcoursc, can be computationally prohibitively expensive. On the other hand, shortening the horizon of the optimization, i.e. greedily optimizing over a small number of packets at a time, leads to sub-optimal rcsults. We alleviate this problem through the introduction of a bulfering pnalty term. i.e. we augnent the constraints of the above problem with a buffering constraint that cnsures that the aniount of data buffered at the client is 81-ways greater than a predctcrmined threshold. We pose this problem as a 1,agrangian minimization and use an iterative descent techniquc to solve the minimization. We demonstrate through simulations that the augmented problem leads to minimal loss i n performance.
INTERNET M E D I A STREAMING
This section defines our model o f the encoding, packetization and streaming processes. We assume that the multimedia stream is encoded, packetized and subsequently, stored at the server, prior to communication.
During the streaming session, the Server selects a subset o f the pre-encoded packeu to communicate to the client, taking into account the available bandwidth on the channel, and the amount of data buffered at the client. A cogent selection of the packets that should be communicated to the client is the topic o f this paper.
Denote the total number of packets in a multimedia presentation as L. Depending on the algorithm used for encoding the multimedia presentation, packets have depcndencies between them, which we represent by a directed acyclic graph (DAG). We represent the packets o f the multimedia stream with nodes in the DAG, and the dependencies between the packets with directed links in the graph. which is the time by which the packet must be available at the client for successful decoding. Often, i t is desirable to allow ford seconds of delay prior to commencement of the decoding at the client, i.e. the client buffers the first d seconds o f data. Thus, the server commences streaming at time t = 0, and the client starts decoding at t = d seconds.
STREAMING MODEL
I n our streaming model. the server i s connected to the channel through a buffering interface. We model the buffer as a FIFO queue. Thus, the channel drains the packets from the buffer in the same order in which the server places them in the buffer. We model the communication channel hetwccn the server and the client as a variable handwidth. lossless link. The variable bandwidth nature of thc channel implies that the rate at which the channel drains data placed in the server's buffer changes as a function o f time. A mechanism to prcdict the future behavior of the channel, and ascertain the accuracy of the prediction will aid the analysis in the sequel.
Our goal in this paper is to devise streaming strategies for Internet streaming. Thus, prior to addressing the issue o f predictability. it would be prudent to define a channel model that captures the characteristics of the Internet well. We assume that the throughput of the Internet can be adequately modeled as an auto-regrcssivr. moving average stationary process with Gaussian innovation. We model the process { Z L } as a Gaussian autoregressive pro- based nn the past observations. I n the next Section, we will devise a rate-distortion optimized streaming algorithm for the setup described i n this Section.
DISTORTION O P T I M I Z E D STREAMING
This section describes the proposed Distortion-optimized streaming algorithm. At any lime t k ', the server runs an optimization algorithm and selects a suhset o f packets to be transmitted from among a11 the packets in the presentation whose decoding deadlines have not elapsed. We wish to accomplish this selection in a manner such that the expected distortion E ( D ) or the decoded stream i s minimized. or equivalently, the client utility is maximized. taking into account the estimates o f the future bandwidth on the channel and the decoder huffer occupancy. The server then runs the optimization algorithm agnin at a future time t h + L , taking into account updated estimates of the channel parameters. In order to ease the computational complexity 01 the algorithm, we assume that the transmission order of the packets is the same as their decoding order. The truismission of any packet 1 i s achieved with a transmission policy 711. We denote'the decision that packet 1 should he transmitted with T I = 1. and the dccision that packet 1
should not he transmitted with T I = 0. In order 10 simplify the ensuing exposition. we label the packets in the presentation i n ascending order o f their decoding deadlines.
Thus, in our nomenclature, packet 1 has its decoding deadline prior In the sequel, we will be concerned with the time r it takes the channel to drain an arbitrary number, Ro, o f bytes o f data placed in the server's buffer at time kT,. Since the channel throughput i s stochastic in nature, the time T will be a random variable. In particular, we will be interested in the probability P ( r 5 rT3), where T i s a positive integer. Note that the probability that T is less than rT, i s equal to the probability that the channel transmits Ro or more bytes o f data in TT, seconds. Equivalently, The RHS of Equation 2 can he computed using Equation 1. Next we turn our attention to the client buffer. w e denote the time of arrival o f packet 1 by to+ When a packet arrives at the Client, deadline. t d , l . We note that owing to the stochastic nature of the channel,
In conclusion to this section we note that even though we propose the solution to our problem using the channel model presented above. the proposed approach is applicable to any channekhannel the client buffers the packet i n its input buffer until its decoding 
E ( B ( t d , m k ) ) = B ( t k ) + (6)
, the decoding deadline for packet mk.
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where each of the three terms noted above appear in the threc lines o f the equation. We notc from Equations 6 and 5 that the policy vector i i affects the expected buffer occupancy and the expected distortion. The task at hand i s to select r such that the expected distortion is minimized under an expected buffer occupancy constraint.
Disiorlion-Buffer Optimization
We frame the minimization problem as minE(D(T)) -X E ( B ( t d , m , ) ) ,
where X i s the Lagrange multiplier. We also note that the first two terms in the RHS of Equation 6 do not depend on the policy i i . thus can be ignored while computing Equation 7.
For a fixed A, we minimize Equation 7 using an iterative co- I n the next section, we evaluate the performance o f the proposed approach for on-demand streaming of video.
EXPERIMENTAL RESULTS
In this section, we repolt our experimcntal results for on-demand streaming of video. Simulations were run on 160 seconds of the Jurrasic Park sequence at 30 fps [7] to the quantity pp as the clz.llrrmrel brrrsrbzesx The results were averaged over multiple realizations of the channel to obtain statistically meaningful results.
. AS a refcrcnce, we compare thc pcrtormance o f thc proposcd approach with a distortion-agnostic ad-hoc scheme. Denote the ratio o f the average size of an I,P and B packet as 9, : 9 2 : 9 3 . The ad-hoc Further, it was empirically observed that reducing the horizon of the optimization by a factor o f two leads to a ten-fold improvement in computation efficiency. Figure 2 plots the performancc of the proposed approach and thc ad-hoc approach with the channel-burstiness set to 10% and 25%.
As can be seen from the figure, altering the burstiness ofthe channel has a lesser impact on the performance ofthe proposed approach as and the Lagrange multiplier X as a function o f time for a typical realization o f the channel. The solid horizontal line in Figure 3(a) depicts the desired buffer level Bo. As can be observed from the 
CONCLUSIONS
We have proposed a distortion-buffer optimization strategy for selecting the transmission policy for multimedia streaming over a reliable but variable bit rate channel. The main contribution lies in its efficient formulation which affords us the ability to limit the horizon of the optimization. and thus the complexity, with acceptable 
